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Field Of The Invention 

The present invention relates to two-way group communication systems and more 
particularly, but not exclusively, to a method and apparatus for providing wireless communication 
between a plurality of communication devices forming a group, such that each device hears each 
other device in the group. 

Background Of The Invention 
Wireless Intercom is a form of radio transmission which allows a group of users, or stations, 
to communicate with one another. Communication is many-to-many so that all the users can hear 
anyone who is transmitting at any given time. For regulatory reasons many wireless intercom 
systems use spread spectrum implementations. 

General considerations of radio communications, such as bandwidth usage, apply to wireless 
intercom. Such general considerations, and in particular general considerations as they apply to 
spread spectrum, may be found in The ARRL Spread Spectrum Sourcebook, First Edition 1991 
ISBN 0-87259-317-7, and in Spread Spectrum Systems with Commercial Applications - R. Dixon 
3rd Edition 1994, ISBN 0-471-59342-7. A particular feature of an intercom system is that more 
than one group member is able to transmit at the same time. In addition each group member must 
be able to receive each other group member. 

There are several types of intercom system currently in use. US 4,470,141 discloses a wireless 
intercom system involving a single base station and one or more mobile stations. The base station 
assigns a channel to each mobile station so that each mobile station is able to transmit to the base 
station without fear of interference from the other mobile stations. The base station then adds the 
signals from each mobile station to produce a composite signal that is transmitted to each mobile 
station. Thus each user is enabled to hear each other user The disadvantages of this system are that 
it requires multiple channels for operation and that it requires a large and relatively immobile base 
station. If the base station fails then the entire system fails. There is no possibility of using any of 
the mobile stations as an impromptu base station since the mobile stations cannot manage the 
number of channels necessary. In current systems, frequency hopping may be employed but this 



# _ 

does not alter the total number of channels needed at any given time. Such a solution is known as a 
star connection, since each individual mobile station communicates only with the central base 
station. 

In summary, in a star system the total number of channels needed is one duplex channel per 
mobile user. The base station must be able to operate all of the channels being used and as such is 
large and immobile. In the event of its failure the mobile stations are useless. In addition current 
systems do not provide any means of judging how near or how far respective users are. 

US 5,274,666 discloses an intercom system involving a group of mobile stations arranged in a 
loop. Each mobile station receives a signal from a preselected one of the other mobile stations, adds 
any signal of its own and then passes the signal to another preselected one of the mobile stations. 
The group of stations thus constitute a logical loop and there is no need for a base station. However 
each station transmits on a different frequency and if one of the stations should fail then the entire 
loop has to be reconfigured. In particular there is a possible condition known with this system in 
which control signals are passed on by a particular mobile station but the voice signal is not In this 
case the failure is not detected and the system does not reconfigure. Each mobile station will then 
receive all signals added between the faulty station and itself in the flow direction of the loop but 
no others. It may thus take a while for users to become aware that there is a problem. Again the 
system may be adapted to use frequency hopping, as shown in US 5,274,666. Such a solution is 
known as a ring connection. 

There are numerous variations and sub-combinations of the two basic intercom systems 
mentioned above. However the above summarizes the basic principles involved in the art. 

Summary of the Invention 
According to a first aspect of the present invention there is provided a method of 
simultaneously recovering a plurality of double sideband radio signals that are not mutually 
synchronized. The method comprises the steps of receiving the signals and demodulating the 
signals using the output of a phase shifting device. 



Preferably the output of the phase shifting device is predetermined to have an average phase 
which cancels the effect of a cosine term in the demodulated signal to render the plurality of 



received signals audible. In an embodiment this is achieved in that the phase shifting device 
produces an output phase which is proportional to a phase control signal and wherein the phase 
shifting device receives an input which has a constant phase. The phase control signal may be from 
a pseudo-random generator. 

Preferably the radio signals are spread spectrum radio signals. 

Any of the above mentioned radio signals may be AM (Amplitude Modulated) signals. 

According to a second aspect of the invention there is provided a method of simultaneously 
recovering a plurality of single sideband radio signals that are not mutually synchronized, 
comprising the steps of receiving the signals and demodulating the signals. 

Preferably the radio signals are spread spectrum radio signals. 

According to a third aspect of the invention there is provided a method of sending an 
electronic signal from a first point, or slave to a second point or master remote from the first point 
and providing an indication to the first point regarding receipt of the signal at the second point, 
comprising the steps of relaying the electronic signal back from the second point to the first point 
and monitoring the level of the relayed signal at the first point 

Preferably the first point has a sound input site and a sound output site. The sound is 
converted into the electronic signal after passing through the sound input site. Thus the relayed 
signal may be monitored by converting the relayed signal into sound at the sound output site and 
listening to the sound If the sound is faint then it is clear to the user of the communication device 
that he is far away from the second point or that there is some sort of transmission problem and he 
is able to take any necessary action. Preferably the electronic signal is passed to the sound output 
site only after being relayed from the second point, and no direct connection is provided within the 
communication device itself between the sound input and the sound output This prevents any 
problems to do with acoustic feedback and moreover allows a judgment to be made as to how well 
the signal has been received. 



Preferably, the leWFof the sound output from the sound output site is allowed to vary with the 
level of the relayed signal so as to reflect the average level of the signal. Again this aids the user in 
making the above-mentioned judgments. It is also desirable that the second point have a sound 
output site to which the electronic signal is directed to for conversion into sound. Again, the level 
of the sound at the sound output site of the second point, resulting from the conversion, may be 
allowed to vary with the level of the electronic signal to reflect the average level of the signal. 

Again, preferably the electronic signal is passed from the second point to at least one other 
point, wherein the one other point has a sound output site/wherein sound is output at the sound 
output site in response to the electronic signal and wherein the level of the sound output at the 
sound output site is allowed to vary with the level of the electronic signal to reflect the average 
level of the signal. Thus users of the other slave devices are able to make judgments about the 
nearness of other users. 

Preferably the sound output by the first point is permitted to vary in strength according to the 
strength of a respective received signal. Thus the user is able to make judgments about receipt of 
his own signal by the network. 

According to a fourth aspect of the present invention there is provided an apparatus for 
simultaneously recovering a plurality of double sideband radio signals that are not mutually 
synchronized. The apparatus comprising a demodulation device and a phase shifter device. 
Preferably the phase shifter has two input connections and produces a phase shift according to a 
level of a signal received at the second input connection. The first input connection would thus be 
connected to a device that produces a signal which has a constant phase. Preferably the first input of 
the phase shifter is connected to the output of an oscillator. The second input connection would 
thus be connected to a device adapted to produce a signal having a constant average level. 
Preferably the second input of the phase shifter is connected to the output of a pseudo random 
generator. 

According to a fifth aspect of the present invention there is provided a method of providing 
wireless communication between a plurality of communication devices forming a group, such that 
each device receives transmissions from each other device in the group, comprising the steps of 
selecting one of the devices as a master, hence designating all other devices as slaves, transmitting 



from the master to each slave using a preselected channel, synchronizing each slave to the master, 
transmitting from each slave to the master using the preselected channel, combining the signals 
from each slave at the master, and transmitting the combined signals as a single signal from the 
master to each slave to be received at each slave. 

Preferably transmission between the master and the slaves is carried out using time division 
duplex and spread spectrum. 

In an embodiment the signals from the slaves are not mutually synchronized. Hence, upon 
receipt at the master, they are demodulated using a pseudo-randomly phase shifted LO (Local 
Oscillator). 

There is not much difference between the circuitry required for operation as a master and for 
operation as a slave. Hence it is easy to ensure that failure of the master leads to selection of one of 
the slaves to serve as master. 

Each slave preferably has a sound input site and a sound output site, wherein sound is 
converted into an electronic signal after passing through the sound input site, wherein the electronic 
signal is transmitted to the master, wherein the signal received from the master includes the 
electronic signal sent to the master, and wherein the received signal is converted into sound at the 
sound output site. 

In a preferred embodiment a tone is added to signals transmitted by the master and the tone is 
used by at least one of the slaves to correlate with the master. The signals transmitted with the tone 
may be shaped using a Gaussian curve. 

A facility may also be provided for shifting a base frequency used for transmission upon 
detection by the master of other groups operating in the vicinity. 

A communication device for use in any of the above methods may comprise circuitry for 
operation as a slave and additional circuitry for operation as a master, together with a switching 
circuit for switching between master and slave operation. The switching circuit may be manually or 




electronically operateo^Tectronic operation may be in response to a polling operation carried out 
between all the communication devices in the group. 

Preferably the signals received at the master are adjusted gainwise according to the strength 
of the weakest signal. This allows all of the signals to be heard, and in order to ensure that the 
strongest signals are heard more clearly than the weaker signals, the sounds output by the 
communication devices are permitted to vary according to the strength of the respective received 
signal. 

In further embodiments of the invention a tone is added to signals transmitted by the master 
and the tone is used by the slaves to correlate with the master. A second tone is added by each slave 
to a signal sent to the master, the signal sent to the master is echoed directly back to the slave and 
the time delay measured. From the measured time delay it is possible to time transmissions from 
the respective slave so as to compensate for the delay time. Thus the signals received at the master 
are all synchronized and the master is able to correlate with the slaves, despite the fact that there are 
many of them. 

It should be realized by one who is skilled in the art, that the above described many-to-many 
intercom system, can be adapted for a one-to-many half-duplex communication usage, simply by 
adding a VOX (Voice Operated Control) or a PTT (Push To Talk) switch to each of the slave 
devices. 

Brief Description Of The Drawings 
For a better understanding of the invention and to show how the same may be carried into 
effect, reference will now be made, purely by way of example, to the accompanying drawings in 
which, 

Figure 1 is a block diagram showing the general principle of the first embodiment of the present 
invention; 

Figure 2 is a block diagram showing the general principle of the second embodiment of the present 
invention; 



Figure 3 A is a block diagram of the CDMA/TDD/DSB (CDMA=Code Division Multiple Access, 
TDD=Time Division Duplex, DSB=Double Side-Band) and TDMA/TDD/DSB (TDMA=Time 
Division Multiple Access) modes of the first embodiment of the present invention, and the 
CDMA/TDD/DSB mode of the second embodiment of the present invention; 

Figure 3B is a block diagram of the FDMA/TDD/DSB (FDMA=Frequency Division Multiple 
Access) mode of the first embodiment of the present invention; 

Figure 3C is a block diagram of the CDMA/FDD/DSB (FDD= Frequency Division Duplex) and the 
TDMA/FDD/DSB modes of the first embodiment of the present invention; and the 
CDMA/FDD/DSB mode of the second embodiment of the present invention; 

Figure 3D is a block diagram of the FDMA/FDD/DSB mode of the first embodiment of the present 
invention; 

Figure 4A is a block diagram of the CDMA/TDD/SSB (SSB=Single Side-Band) and 
TDMA/TDD/SSB modes of the first embodiment of the present invention, and the 
CDMA/TDD/SSB mode of the second embodiment of the present invention; 

Figure 4B is a block diagram of the FDMA/TDD/SSB mode of the first embodiment of the present 
invention; 



Figure 4C is a block diagram of the CDMA/FDD/SSB and the TDMA/FDD/SSB modes of the first 
embodiment of the present invention, and the CDMA/FDD/SSB mode of the second embodiment of 
the present invention; 



Figure 4D is a block diagram of the FDMA/FDD/SSB mode of the first embodiment of the present 
invention; 

Figure 5A is a block diagram of the Logic block 20 of the CDMA/TDD, TDMA/TDD, 
CDMA/FDD and TDMA/FDD modes of the first embodiment of the first and second aspects of the ' m 
present invention; 



Figure 5B is a block diagram of the Logic block 20, including a Correlator device 69, of the 
CDMA/TDD, and CDMA/FDD modes of the second embodiment of the first and second aspects of 
the present invention; 

Figure 5C is a block diagram of the Logic block 20 of the FDMA/IDD mode of the first 
embodiment of the first and second aspects of the present invention; 

Figure 5D is a block diagram of the Logic block 20 of the FDMA/FDD mode of the first 
embodiment of the first and second aspects of the present invention; 

Figure 6A is a truth table illustrating the operation of the components of Figures 5 A; 5B and 5C; 

Figure 6B is a truth table illustrating the operation of the components of Figures 5D; 

Figure 7 is a diagram showing how the devices of Figures 3 A; 3B; 3C and 3D, and Figures 4A; 4B; 
4C and 4D may interrelate; 

Figure 8A is a timing diagram showing how the devices of Figure 7 may communicate for the 
CDMA/TDD and TDMA/TDD modes of the first embodiment of the first and second aspects of the 
present invention, and for the CDMA/TDD mode of the second embodiment of the first and second 
aspects of the present invention; 

Figure 8B is a timing diagram showing how the devices of Figure 7 may communicate for the 
FDMA/TDD mode of the first embodiment of the first and second aspects of the present invention; 

Figure 8C is a timing diagram showing how the devices of Figure 7 may communicate for the 
CDMA/FDD and TDMA/FDD modes of the first embodiment of the first and second aspects of the 
present invention, and for the CDMA/FDD mode of the second embodiment of the first and second 
aspects of the present invention; 

Figure 9A is a timing diagram illustrating the effects of distance on the devices of Figure 7 for the 
CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes of the first embodiment of the - 



Figure 9B is a timing diagram illustrating the effects of distance „„ me rf ? fa ^ 

CDMA/TD0 and CDMA/FDD modes of the second embodiment of the firs, and second aspects of 

the present invention; 

Figure 10 is a spectia. analysis of the signa. a, the output of the master's correlator device 12 for 
the CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes of the firs, embodiment of 

the first and second aspects of the present invention; . * 

Figure 1 1 A is a spectral analysis of a transmission signal at the output of the devices of Figure 7 for 
the CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes of the first embodiment of 
the first and second aspects of the present invention, and for the CDMA/TDD and CDMA/FDD 
modes of the second embodiment of the first and second aspects of the present invention; 

Figure 1 IB is a spectral analysis of a transmission signal at the output of the devices of Figure 7 for 
the FDMA/TDD mode of the first embodiment of the first and second aspects of the present 

invention; 

Figure 12 is a spectral analysis of the result of interlacing 3 sets of signals of the type shown in 
F lg ure 7 for the CDMA/TDD and CDMA/FDD modes of the first embodiment of the first and 
second aspects of the present invention, and for the CDMA/TDD and CDMA/FDD modes of the 
second embodiment of the first and second aspects of the present invention; 

Figure ISA is a detailed block diagram showing the relationship between all of the devices of 
F,gure 7 for the CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes of the first 
embodiment of the first and second aspects of the present invention; 

Figure 13B is a detailed block diagram showing the relationship between all of the devices of 
Figure 7 for the FDMA/TDD and FDMA/FDD modes of the first embodiment of the first and 
second aspects of the present invention, and for the CDMA/TDD and CDMA/FDD modes of the 
second^mbodiment of the first and second aspects of the present invention; 



Figure 14 is a diagram showing the effects of distance on the operation of devices according to the 
CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes of the first embodiment of the 
first and second aspects of the present invention. 




Description Of The Preferred Embodiments 
Figure 1 is a generalized diagram of an arrangement of a radio intercom system illustrating 
the principle of the first embodiment of the present invention. A series of slave transmit-receive 
units 202a-202n are located at different distances from a master transmit-receive unit 204, to which 
they are all synchronized. That is to say transmissions from the master to each slave are 
synchronized at the slave. The master unit 204 comprises a receiver 206, a pseudo random 
generator 208 a phase shifter 210 and a LO 218. The output of the pseudo random generator 208 
and the LO 218 are fed to the phase shifter 210, and the outputs of the phase shifter 210 and of the 
receiver 206 are supplied to a demodulator, which is shown here as a product detector 212. The 
input to the receiver is the sum 216 of the signals from the different slaves, and these are not 
mutually synchronized because the slaves are at random distances from the master 204. The phase 
shifter 210 converts the constant phase of the signal of the LO 218 to a signal with pseudo random 
phase which is supplied to the demodulator 212. The angle of phase shift is constantly changed by 
the pseudo random generator 208 and in effect, all of the slaves are demodulated and can be heard 
at output 214. How this is done is explained in more detail below. 

Figure 2 shows the second embodiment of the present invention. Again a series of slave units 
202a..202n are located at random distances from a master unit 204, and between them they form a 
radio intercom system. The slave units 202a..202n are synchronized to the master but the master is 
again unable to synchronize with all of the slaves 202a..202n as they are located at different 
distances from the master 204. Thus each slave generates a synchronization tone at a certain 
frequency assigned to that slave. The tone is transmitted to the master and echoed back to the slave. 
From the echo the slave is able to measure the time delay of the double journey from the slave to 
the master and back to the slave again. The slave is then able to set a time-lead in transmission to 
the master in accordance with that measured delay. If the above procedure is repeated by all of the 
slaves then all of the signals received by the master will arrive in phase and the master will be able 
to synchronize to a multitude of slaves at different distances therefrom. If the slave keeps resetting 



its transmission time-lead throughout the duration of the communication then the slave can move 
with respect to the master during the call and remain synchronized. 

In both of the above embodiments of the present invention there is thus provided a means of 
having multiple radio communication units in contact with a single master communication unit, all 
using the same communication channels and wherein the master does not vary in size or complexity " 
from the slave units. Thus each unit may comprise all of the electronics to be both a master and a 
slave, and may be set to be one or the other by a simple switching operation. Thus the failure of the 
master does not lead to failure of the system, as any other unit can be selected as master in its place. 
The selection of the master may be manual, or in a preferred embodiment may be carried out 
automatically as part of the communication protocol between the units. As there is no need for the 
master to transmit on different channels to each of the slaves it can be as mobile as any of the slave 
units. 

The two embodiments of the invention will now be explained in greater detail with respect to 
Figures 3 to 14. 

Figure 3A is a block diagram of the CDMA/TDD/DSB mode and the TDMA/TDD/DSB mode 
of the first embodiment of a device 2 according to the first aspect of the invention. Figure 3A is also 
a block diagram of the CDMA/TDD/DSB mode of the second embodiment of a device 2 according 
to the first aspect of the invention. The device 2 is a mobile station of an intercom system, and may 
serve both as a master station and as a slave station. The master station replaces the base station in 
the first of the conventional intercom systems mentioned above, that is to say it serves as the station 
with which each other device communicates. It receives all of the transmissions from each slave 
station. It combines all of the transmissions and it transmits the combined transmissions, as a single 
signal, to every slave station. Thus each slave station transmits exclusively to the master and 
receives exclusively from the master. The intercom system therefore comprises a star connected 
system. 

It is noted that in all modes of operation of the present invention, a "combination'' operation, 
as opposed to a "mixing" operation, is performed at the master station. A combining operation 
means uiat the signals are combined linearly producing one set of sideband frequencies. A mixing 



operation is a non-linear operation resulting in a series of harmonic and intermodulation 
frequencies. 

In Figure 3A, an embodiment using double sideband modulation is disclosed and includes a 
single antenna 5. Connected to the antenna 5 is a RF BPF (RF=Radio Frequency, BPF=Band Pass 
Filter) 6, followed by a SPOT T/R (SPDT=Single Pole Double Throw, T/R=Transmit/Receive) 
toggle 8. The T/R toggle 8 is shown in the receive position, logical "0" state. The received signal is 
passed from the T/R toggle 8 to a LNA (Low Noise amplifier) 10 and thence to a device 12. In the 
CDMA/TDD, TDMA/TDD, CDMA/FDD and TDMA/FDD modes, the device 12 functions as a 
Correlator/Despreader unit. The device 12 receives the output of the PRNG-Rx (PRNG=Pseudo 
Random Number Generator, Rx=Receive) line 18, which is part of Logic block 20, so as to be able 
to despread the received signal. Logic block 20 generates the control signals, such as timing signals 
and other reference signals, needed by the rest of the device. 

In the FDMA/TDD modes the device 12 functions as an analog multiplier 13, Figures 3B and 

4B. 

As shown in figures 5A - 5D, an oscillator 22 functions in a loop, with pre-scaler input line 
31; pre-scaler divider 62; divider 64, PRNG block 60, PRNG-Rx line 18; correlator 12 and a control 
toggle 30, to provide a sliding correlator. At the same time, oscillator 22 functions as a VCO 
(Voltage Controlled Oscillator) in a PLL (Phase Locked Loop), with pre-scaler input line 31; pre- 
scaler divider 62; PD (Phase Detector) 63, loop filter 65, PLL enable/disable toggle 67 and a Vc 
(Control Voltage) line 33. During synchronization, LD (Lock Detect) line 75 is low hence toggle 67 
is closed and the PLL is locked to the reference 58 through reference line 59. In order that the 
correlation process between the slave and the master will have a short and predetermined time, it is 
necessary to shift the slave oscillator frequency relative to the master oscillator frequency. By doing 
so, the slave pseudo-random-sequence slides faster relative to the master sequence. This is achieved 
by toggle 25 which is governed by the M/S line 51 and causes a frequency shift of the slave 
reference oscillator 58 relative to the master reference. Once the slave receiver is synchronized to 
the signal, LD line 75 goes high, toggle 67 opens hence the slave PLL is open and the oscillator 22 
becomes a SO (Synchronous Oscillator) which is synchronized to the incoming signal through 
toggle 30 and provides a LO signal to the modulator 46 and demodulator 28. The synchronizing 
loop is only required for the receive phase, hence a control toggle 30. Instead of a SO 22, a Costas 



loop can be used, or any methods as are well known to those skilled in the art. US Patent 4,355,404 
discloses a carrier recovery method using a SO, that allows drifting of the carrier to be tracked. ' 

In this embodiment there is provided a phase shifter 32, which is only used in the master 
mode, hence it is connected to a M/S (Master/Slave) toggle 14. The reason that the master requires 
a phase shifter 32 is that the signals received from the slave stations are not synchronized. ThT 
entire system uses only a single frequency and since all of the slave stations are at different 
distances from the master, indeed since all of the stations are mobile, it is not possible for the 
master to be synchronized simultaneously to more than one of the slaves. It is possible for each of 
the slaves to synchronize to the master but not vice versa. Hence phase shifting is needed to receive 
an intelligible signal, as follows:- 

Double sideband modulation signal gives: 

S D SB(t)=COS (C0mt). COS (Oct) 
= 1/2 COS (©c +G>m)t +1/2 COS (<Oc - ©ro)t 

where om is the message frequency, © c is the carrier frequency, and t is time. 
In the case of synchronous double sideband demodulation, 

Ss JTO (t)=COS (Oct) . [ COS (Oct) . COS (©mt) ] 
= [COS (Oct) . COS (Oct) ] . COS (©nit) 
= [1/2 COS (Oc - Oc) t + 1/2 COS (Oc + Oc) t ] . COS (Omt) 
= [1/2 COS 0 + 1/2 COS (2©ct) ] . COS Omt 

= 1/2 cos (omt) (after low pass filtering). 
In the case of non- synchronous double sideband demodulation an additional term <p finds its 
way into the equation, as follows 

SNon-sync(t)=COS (Oct + <p) . [ COS (©ct) . COS (©nit)] 

= 1/2 cos q> cos (omt) (after low pass filtering). 



as one 



In order to render this signal intelligible it is necessary simply to use phase shifter 32 
of the inputs to the demodulator 28. The phase shifter 32 pseudo randomly shifts the phase of the 
LO 22 signal to cancel out the effect of the "cos q>" term in the equation. It does this by producing 
an output which averages the "cos q>" term to 21%, that is to say the expression effectively becomes 
SNonWt)=l/* cos (omt). Thus a fully understandable signal is derived even though the receiver of 
me master remains unsynchcronized. . •* . <C*-% : .:.:--& <■ . ci^;.5&vi" 



As the master is the only device that receives unsynchcronized signals it is only when the 
device is operating in master mode that the phase shifter 32 is needed The output of the 
demodulator 28 is passed to the input of the Audio BPF 34. The Audio BPF 34 is comprised of two 
sections. One section is a band-limited 300 Hz to 3 KHz which is used to pass the audible spectrum 
of the received signal when the device 2 operates either as a master or as a slave. From thfs'section 
the signal is passed to a volume controlled audio amplifier 36 and thence to a speaker 38. The 
second section of the Audio BPF 34 is a band-limited 50 Hz to 250 Hz which is used to pass the 
sub-audible spectrum of the received signal when the device 2 operates as a slave. From this section 
the signal is passed to logic block 20 through T^ line 35, and is used for synchronization and 
correlation purposes. How this is done is explained in more detail below. 

The transmission part of the circuit is a conventional DSB transmitter circuit which 
preferably uses spread spectrum. An advantage of using spread spectrum is that interference and 
multi-path effects, which are generally frequency-dependent, are greatly reduced 

As shown in Figure 3 A, a microphone 40 passes a speech signal to an Audio BPF 42, through 
the microphone AGC (Automatic Gain Control) 43. The Audio BPF 42 passes the signal, via an 
Audio amplifier 44, to a DSB/AM modulator 46 which modulates the speech signal on the carrier 
signal from the oscillator 22. The modulated signal is then passed to a Tx analog multiplier 48 
which spreads the signal spectrum on the basis of the output PNRG-Tx (Tx=Transmit) line 17 of 
the pseudo-random generator 60, which is part of the logic block 20. The spread spectrum signal is 
then passed through two further RF amplifiers 50 and 52 and then transmitted via T/R toggle 8, RF 
BPF 6 and antenna 5. 

Preferably the device 2 uses a single supply of DC (Direct Current) input 55, usually in the 
form of a battery. Unfortunately not all the blocks inside the device 2 can operate directly from this 
power source. Therefore a DC/DC converter and level-shifter 54 is provided in order to shift the 
level of the T/R line 77 to the level shifted T/R line 56, and also to provide the various DC voltages 
needed In the embodiment shown, line 55 is 3V and line 56 is 5V, however as the state of the art 
progresses, these values may change. 



It should be noted that EPF 34 and 42, Microphone AGC 43, amplifiers 36 and 44 and parts 
of the demodulator 28 modulator 46 and logic block 20 can be imp,emented either by HW 
(Hardware) or by a SW (Software) controlled DSP (Digital Signal Processor) as known in the art. 

Figure 3B is a block diagram of the FDMA/TDD/DSB mode of the first embodiment of the 
first aspect of the invention. In the mode of Figure 3B, the PRNG-Tx line 17 and the PRNG-Rx line 
18 of Rgure 3A are replaced by DAC (Digital to Analog Converter) lines 19. One line is connected 
to an analog multiplier device 13 in the Rx path, and the second line is connected to an analog 
multiplier device 48 in the Tx path. A PRNG-Rx line 18 from Logic block 20 is connected to SPST 
(Single Pole Single Throw) toggle 14. This mode also includes two antennas 4. 

Figure 3C is a block diagram of the CDMA/FDD/DSB mode and the TDMA/FDD/DSB mode 
of the first embodiment of the first aspect of the invention. Figure 3C is also a block diagram of the 
CDMA/FDD/DSB mode of the second embodiment of the first aspect of the invention. In the block 
digram of Figure 3C, the T/R toggle 8, of Figure 3A, is replaced by a duplexer 9. Additionally the 
single frequency single port SO 22 is replaced by a dual-frequency dual-port SO block 23. 

Figure 3D is a block diagram of the FDMA/FDD/DSB mode of the first embodiment of the 
first aspect of the invention. In the block diagram of Figure 3D, the T/R toggle 8, of Figure 3A, is 
replaced by a duplexer 9. Furthermore, the Rx Correlator 12 and Tx analog multiplier 48 are 
omitted and the PRNG-Rx line 18 is connected directly to toggle 14. As in the block diagram of 
Figure 3C, the single frequency single port SO 22 is replaced by a dual-frequency dual-port SO 
block 23. 

Figure 4A is a block diagram of the CDMA/TDD/SSB mode and the TDMA/TDD/SSB mode 
of the first embodiment of a device according to the second aspect of the inventioa Figure 4A is 
also a block diagram of the CDMA/TDD/SSB mode of the second embodiment of a device 
according to the second aspect of the invention. Figure 4A is a single sideband version of the device 
of Figure 3A. Parts that are the same as those shown in Figure 3 A are given identical reference 
numerals. The most notable change between Figure 4A and Figure 3A is the SSB modulator 47 
which is completely different from the DSB/AM modulator 46, whereas the demodulator 28 is the 
Sai ° e ^ DS ? A f ^ SSB. Using single sideband modulation the correlated signal that emerges 
from the Audio LPF (Low Pass Filter) is: > K " - ^ '^'^^y^Z'p 5 



S S ync(t)=COS (COmt). 

If the signal is unsynchronized then the emerging signal is 

SNon-sync(t)=COS (©mt + q>), 

that is to say it has an extra term "+ cp" which represents a random phase error due to the signal 
being unsynchronized. The human ear is insensitive to phase. Consequently the extra term "+ q>" 
makes no discernible difference and the signal can be understood withbiit any further processing 
being necessary. 

It will be realized that a number of features of conventional transmitter/ receivers are missing 
from the two block diagrams of Figures 3A - 3D and Figure 4A - 4D. One of them is a feedback 
link from the mouthpiece to the earpiece. The reason there is no such link is to ensure that the only 
way in which the user is able to hear himself is through the network. Hence the user has some way 
of being sure that his signal has been received Such a feedback link only exists in the master device 
since the master user cannot hear himself through the network, hence M/S toggle 39 is provided. 

Another feature that is missing is receiver AGC. Receiver AGC is used in radio and telephony 
to compensate for strong or weak signals and ensure that all are heard at the same volume. The 
absence of AGC ensures that the volume of the sound heard by the listener is linked to the received 
signal strength. Thus the user has a cue to tell him when he is getting too far away from the master 
and thus increases the volume of his voice. If the user is getting too close to the master he may 
decrease his volume. Thus everyone within the operating range of the system, as explained 
hereinbelow with respect to Figure 14, is heard with the same audio volume level. Additionally, the 
rest of the group can obtain an impression as to whether the user is nearby or far away, thus making 
the system more intuitive. Instead of AGC the signal received at the master is preferably adjusted to 
make the weakest signal audible, by a manual volume control 41. 

Figure 4B is a block diagram of the FDMA/TDD/SSB mode of the first embodiment of the 
second aspect of the invention. In the mode of Figure 4B, the PRNG-Tx line 17 and the PRNG-Rx 
line 18 of Figure 4A are replaced by DAC lines 19. This mode also includes two antennas 4. 

Figure 4C is a block diagram of the CDMA/FDD/SSB mode and the TDMA/FDD/SSB mode 
of the first embodiment of the second aspect of the invention. Figure 4C is also a block diagram of . 
the CDMA/FDD/SSB mode of the second embodiment of the ^second "'aspect of the invention^ "La the 



block diagram of Figure 4C, the T/R ,„gg,e 8 i s replaced by a duplexer 9. Additionally the single- 
frequency single port SO 22 is replaced by a dual-frequency dual-port SO block 23. 

Figure 4D is a block diagram of the FDMA/FDD/SSB mode the first embodiment of the 
second aspect of the invention. In the block diagram of Figure 4D, the T/R toggle 8 is replaced by a 
.. . duplexer 9. Furthermore, the Rx Correlator 12 and Tx analog multipher 48 are omitted As in the 
block diagram of Figure 4C, the single-frequency single port SO 22 is replaced by a dual-frequency 
dual-port SO block 23. . . 

Figure 5A shows in greater detail the Logic block 20 of the Figures 3A and 3C and Figures 
4A and 4C of the first embodiment of the first and second aspects of the invention. The purpose of 
the Logl c block 20 is to provide the control signals needed for the operation of the units in Figures 
3A and 3C, and Figures 4A and 4C. Reference numeral 60 denotes a pseudo-random generator at 
whose output 18 is provided the pseudo-random signal PRNG-Rx that is used for de-spreading the 
spectrum and for operating the phase shifter 32. Reference numeral 60 also provides output 17 
which is the pseudo-random signal PRNG-Tx that is used for spreading the spectrum. 

The items denoted by reference numerals 62, 64, 66 are dividers. The output of the second 
dzvider IS used in this embodiment to clock the pseudo random generator 60. The output of PL- 
Encoder (PL=Private Line) 68 is a tone of predetermined frequency which is passed, via Audio LPF 
70, and tone output enable/disable toggle 72, to comprise the signal Tout 37 that is added to the 
output szgnal. In this embodiment it is only passed on when the device 2 is operating as the master 
The tone is at a frequency which is preferably inaudible to the human ear and the purpose of the 
tone * to provide a cue for the slaves that they are synchronized to the master. This is done in the 
slave by routing the Titt line 35 through the tone input enable/disable toggle 71 to the PL-decoder- 
LD block 74. In the embodiment shown in Figure 5A the tone is band limited at 250 Hz. Hence Tout 
line 37 is added to the voice signal downstream of Audio BPF 42 which is set to 300Hz - 3KHz, 
generally recognized frequency dynamic range of the human voice. 

The input M/S is the Master/Slave toggle 51, which may be set by a user, manually or 
automatically. 



The input code selector 45 is used to select the different codes for the various groups in the 
CDMA modes. The input CDMA frequency interlace selector 53 is used to shift the master 
frequency reference 58, hence shifting its carrier frequency as will be described with reference to 
Figure 12 below. 

In the various modes of the embodiments in Figures 3A -3D and Figures 4A - 4D, the dual- 
modulus pre-scaler divider 62 can be replaced by a frequency synthesizer. This is useful for 
example in some of the embodiments described below, in which provision is made for allowing 
several groups to operate together. 

The frequency selector 49 may select either a divide by 128 or divide by 129 function in a 
dual-modulus pre-scaler divider 62. The output frequency is given as: 
F 0 =128*F REF ;or 
F 0 =129*F REF , 

where Fref is the frequency output of a frequency reference oscillator 58. In order to expand this 
generic frequency synthesizer to a full frequency synthesizer, the dual-modulus pre-scaler divider 
62 may be replaced by a divider scheme which may be controlled by a micro-processor, as is known 
in the art. 

A M/S selector 51 is pulled-down to ground through a resistor 27. It is customary to tie logic 
lines either to ground (pull-down, ground = "0") or pull-up to a supply voltage (pull-up, supply = 
"1"). The M/S selector remains in its current state until the state is changed by the M/S selector line 
51. 

The XOR (XOR= Exclusive Or) gates 76, 78 and the T/R enable/disable toggle 73 are used to 
operate the T/R line 77 according to the truth table of figure 6 A. The NOR (NORHNTot Or) gate 79 
is used to operate the control (Cont) line 29 according to the truth table of figure 6A. 

Figure 5B is a block diagram of the Logic block 20 of the Figures 3 A and 3C, and Figures 4A 
and 4C of the second embodiment of the first and second aspects of the invention, in which a 
Correlator block 69 is added to the PL-decoder-LD block 74 and the tone output enable disable 
switch 72 is omitted, because in the second embodiment both master and slaves are transmitting 
sub-audible PL tones. The master transmits a PL tone for the slaves to ^chrbnize, and each slave 



transmits a different PL tone which is echoed by the master and used by the slave to time its 
transmission in order for the master to synchronize to all the slaves as explained hereinafter. The 
sequence of events is as follows: When a particular slave is synchronized to the master, T* signal 
35 is being detected by the PL-LD block 74 and the LD line 75 is pulled to high ("1") state. This in 
turn closes clock-shift enable/disable toggle 57. T^ PL signal 37, which is a different PL tone than 
the master originated PL tone, and is also a different PL tone for each slave, is transmitted by that 
particular slave, being echoed by the master as T* signal 35, enters the correlator block 69, and 
causes the PRNG block 60 to time-shift the PRNG-Tx sequence on the PRNG-Tx line 17 relative to 
the PRNG-Rx sequence on the PRNG-Rx line 18. The time shift is such that at maximum 
correlation of the T^ signal 35, the PRNG-Tx sequence leads in time the PRNG-Rx sequence in an 
amount which is exactly the propagation time from that particular slave to the master and back, 
hence the master is fully synchronized to that particular slave. Since this is done by each slave, the 
master is synchronized to all of the slaves despite the fact that the slaves are at different distances 
from the master. 



It should be noted that in the second embodiment, the T* line 35 passes two different PL 
tones. One is originated by the master and used by the PL-LD block 74, and the second is originated 
by the slave , echoed by the master and used by correlator block 69. 

Figure 5C shows in greater detail the Logic block 20 of the Figures 3B and 4B. The purpose 
of the Logic block 20 is to provide the control signals needed for the operation of the units in 
Figures 3B and 4B. In the device of Figure 5C, a Correlator block 69 is added to the PL-decoder-LD 
block 74. Additionally the PRNG-Tx line 17 is changed to a DAC line 19 by adding a DAC block 
61. 

The PL tone is used in the embodiment shown. An advantage of using the tone for correlation 
purposes is that the information signal can then be shaped, by the DAC block 61, using a Gaussian 
curve. An information signal shaped in this way produces a sharper spectrum and thus is a more 
efficient user of bandwidth. In the FDMA/TDD embodiments, the same PL tone originated by the 
master is routed on the T* line 35 through toggle 71 to both the PL-LD block 74 and the correlator 
block 69. In these embodiments the synchronization process comprised of two steps. First step, the 
carrier of the slave is synchronized to the carrier of the master, using the sliding correlator 



block 74 which pulls the LD line 75 high, hence closing toggle 57. Second step, the correlator block 
69 correlates to the PL tone causing the PRNG block 60 to time-shift the TDD shaped pulses on the 
DAC line 19, in such a manner as to synchronize the TDD timing of the slave to the TDD timing of 
the master. 

Figure 5D shows in greater detail the Logic block 20 of the Figures 3D and 4D. The purpose 
of the Logic block 20 is to provide the control signals needed for the operation of the units in 
Figures 3D and 4D. In Figure 5D the PRNG-Tx line 17 is omitted, and the PRNG-Rx line 18 is only 
used in the first aspect of the invention as an input to the phase shifter block 32. 

Figure 6 A is a truth table, illustrating the operation of the Logic block 20 illustrated in Figures 
5A, 5B and 5C. Figure 6A shows the dependence of output signals Cont line 29, Vc line 33 and 
T/R line 77 on the M/S line 51 and the LD status line 75. 

Row-1 in Figure 6 A represents a stable state of a master and row-3 represents a stable state of 
a slave when in synchronization with the master. Row-2 represents a metastable state of the slave 
before going into a synchronized state (row-3). 

Figure 6B is a truth table, illustrating the operation of the elements of Figure 5D for the 
FDMA/FDD/DSB and FDMA/FDD/SSB modes. 

Returning to the embodiment using a tone sent by the master for correlation purposes, it is 
also possible to provide the slave devices with timing means. It will be recalled that the signal sent 
by the slave is received back in the return signal. The slave can include its own tone in the signal 
sent to the master and "measure" the delay. The slave can use this information to time the sending 
of its own signal to the master so as to compensate for the delay due to the distance. If all of the 
slaves follow this procedure then all of the signals received at the master will be in synchronism 
and the master will be able to synchronize to all the received signals. 

The advantage of the present method, over the above described previous methods, is that as 
all of the units are fully synchronized a lower power signal can be used, or alternatively a signal of 
similar power will have a greater range. Nevertheless such a system is more sensitive to 
interference, particularly multiple path interference, which can make correlation to the PL tones 
difficult Thus in a preferred embodiment the communication "devices are able to switch from 



synchronizing in the above-described manner to transmitting unsynchronized signals as described 
with reference to Figures 3A - 3D and 4A - 4D above. 

In use several of the devices 2 form a group. One of the devices is configured as the master 
and the rest are the slaves, as shown in Figure 7. TDD is used to divide the time between 
transmission by the master and transmission by the slaves, as shown in Figures 8A and 8B for the 
various modes of the embodiments. Each slave transmits exclusively to the master, and it preferably 
transmits only the signal from its microphone. The master receives transmissions from any slave 
that happens to transmit in any particular slave transmit period, and combines them together to 
transmit to all the slaves during the master transmit period, together with any voice signal added at 
the master device itself. As discussed above, the slave devices all synchronize to the master during 
the master transmit period. However the master cannot attempt to synchronize to the slaves during 
the slave transmit period because the slaves are all at different distances from the master, and thus 
their signals are offset slightly from one another. 

Figure 8A shows the timing diagram for the communication between the master and slave 
devices of Figure 7, for the CDMA/TDD modes. Figure 8A shows that the duplex period T D is 
equal to the pseudo-random-sequence period T P . In the CDMA/TDD and the TDMA/TDD modes, 
T D is chosen to satisfy the Nyquist frequency in order that the audio signals can be reconstructed 
using simple filter. The audio frequency is limited by the Tx audio filter 42 to 3 KHz, hence the 
Nyquist frequency is 6 KHz and the T D is chosen to be 7 KHz in the above embodiments, and is 
governed by the T/R line 77. The reconstruction of the audio signals are done by the Rx audio filter 
34. The synchronization between T D and T P is done by identifying a known portion of the pseudo- 
random-sequence. In the embodiments shown, this part is the 'all V portion, which is identified by 
the PRNG block 60 and used to reset the counter/divider 66. 

It should be noted that while a slave is acquired carrier and pseudo-random-sequence 
synchronization, that slave is in the Rx only state, or metastable state as depicted in figure 6A. 
When that slave is carrier and pseudo-random-sequence synchronized, its T/R line 77 toggles 
between Tx and Rx states in an manner opposite to that of the master, as depicted in figure 6A, 
hence the TDD is synchronized 




Figure 8A shows a 50% duty cycle on the T D period which is the situation in the CDMA/TDD 
modes, i.e. Tx and Rx periods are 50% each of the T D time. In the TDMA/TDD modes the duty 
cycle is 50% divided by the number of slaves in the group. For example, if there are 5 slaves in the 
group, the duty cycle is 10% which means that each slave transmits 10% of the T D time and then 
receives 10% of the T D time. The synchronization of T D and T P are done in the same way as 
described above for the CDMA/TDD modes. 



The duplex period is preferably equivalent to the code "period for the system being used, for 
example a 128 chip code may be used The slave transmit period may then be 64 chips and the 
master transmit period 64 chips. If the code period were 127 chips then one of the two transmit 
periods would have to be one chip longer than the other. The code is chosen for minimum cross- 
correlation over each transmit period, as opposed to the entire code period. This is for the benefit of 
the first slave which joins the group after initialization. This slave is required to synchronize whilst 
only being able to see half the code. 

Figure 8B is a timing diagram showing how the devices of Figure 7 may communicate for the 
FDMA/TDD modes. The carrier synchronization is achieved using the mechanism as described in 
US Patent 4,355,404 above, which is recognized by the PL-LD block 74. The TDD synchronization 
is then achieved using the correlator block 69 and the PL tone transmitted by the master as 
described with reference to Figure 5C above. 

Figure 8C is a timing diagram showing how the devices of Figure 7 may communicate for the 
CDMA/FDD and the TDMA/FDD modes. Carrier and code synchronization is achieved using the 
sliding correlator mechanism as described with reference to Figure 3A above. TDMA 
synchronization is achieved using the 'all V detection as described with reference to Figure 8A 
above. 



The above-described embodiments thus provide a fully duplex intercom system that is able to 
accommodate a group of users of reasonable size using just a single duplex channel. In addition the 
master device is fully portable and differs from the slave device only by means of a few circuit 
elements. It is thus possible to provide devices that have all the circuit elements needed for both 
master and slave mode and to configure the device accordingly. Thus the group is not dependent on 
the serviceability of a single master device. In the event "of failure of the master it is necessary 



simply to select another master. The selection of the master can be carried out manually by the 
users. In a preferred embodiment the appointment of a master is carried out automatically by 
electronic polling of the members of the group upon initialization, and if necessary later on as part 
of a re-initialization procedure following loss of signal from the original master. 

Figure 9A is a snapshot of the master and slave Tx and Rx pseudo-random-sequences at a 
certain distance between the master and the slave, and shows the propagation delay effect upon 
signals being transmitted from master to slave and back to master again. The slave Rx sequence 
lags the master Tx sequence by an amount of time equals to the propagation delay which is 
dependent on the master-slave distance. Since the slave is fully synchronized on the arriving signal, 
the slave Tx is synchronized to the slave Rx sequence. The master Rx sequence lags the master Tx 
sequence by twice the propagation delay, and the amount of correlation between the master Tx and 
Rx sequences is the amount of overlapping of the corresponding chips. Figure 9A shows the 
correlated and uncorrelated parts of chip #4 of the master Tx and Rx sequences, but the same 
applies to the other chips. Correlation distance can be defined now as: IwKC*T c y2=(C/Qiy2 
where T c is the chip time length, C R =1/T C is the chip rate and C is the speed of light. Correlation 
distance is the distance at which the correlated part of the corresponding chips are zero and the 
uncorrelated part equal the timelength of one chip. 

Figure 9B shows the same details for the second embodiment, in which PL tones are used to 
align the two signals as described with reference to Figure 5B above. Information gleaned from the 
tones is used to set a clock lead between the slave Tx and Rx sequences, which is twice the 
propagation delay between the master and slave, so that the master Rx sequence is fully correlated 
to the master Tx sequence. 

It should be noted that in the second embodiment there is no correlation distance since the 
master is always fully synchronized which each one of the slaves. 

Figure 10 is the Fourier transform of Figure. 9A and shows the relationship between 
correlated and uncorrelated parts at the output of the correlator 12 of the master side receiver. It 
shows a spectral analysis of the signal after it has been despread. The signal-power relationships in 
these two parts are as follows, 

for me correlated part, S Q = W^-I^U**) * Si 7 f : M 





and for the uncorrelated part, S 0 = (WL*,,) * (S^Gj.) 

where is the actual distance between the master and the slave, L,^ is the correlation distance, 
as defined with reference to Figure 9A above, Si is the power of the original-unspread signal in the 
nominal information BW (Band-Width), S 0 is the power of the signal in the nominal information 
BW at the output of the master's correlator 12, and G p is the DSSS (Direct Sequence Spread 
Spectrum) process gain of the system. 

It can be seen that the correlated part of the signal is a single spectral line at F 0 , while the 
uncorrelated part comprises multiple spectral lines at F 0 and around F 0 , having a Sinc(x) envelope. 

It should be noted that when L^L,^, then there is no correlated part in S 0 and the output of 
the master's correlator 12 is completely uncorrelated. Therefore the spectrum is the Fourier 
transform of the pseudo-random-sequence which is comprised of multiple spectral lines at F 0 and 
around F 0 , having a Sinc(x) envelope, and the signal power is given by: S 0 =Si/Gp. 

Figure 1 1A is a close look at the spectrum of a transmission signal at the output of the devices 
of Figure 7, for the CDMA and TDMA modes. Figure 1 1A is also a close look at the spectrum of 
the uncorrelated part of the signal of Figure 10 at the output of the master correlator 12. From the 
inset of Figure 1 1A it can be understood that even in the case that >L COIT and the output of the 
master correlator 12 is completely uncorrelated, the information around F 0 can be demodulated 
using the product-detector demodulator 28 and the filter 34, provided that AF is greater than the 
information BW. In Figure 1 1 A AF is shown as TKHz, whereas the information BW is 6KHz, and 
is defined by the Fourier transform as: AF=1/T P , where T P is the pseudo-random-sequence period. 

It should be noted that the slaves are fully synchronized and therefore fully correlated This is 
also the case regarding the master in the second embodiment In these cases the output of the 
correlator 12 is a single spectral carrier Co at F 0 with 2 sidebands in the first aspect and either LSB 
(Lower Side-Band) or USB (Upper Side-Band) in the second aspect of the invention. 

Figure 1 IB is a spectral analysis of a transmission signal at the output of the devices of Figure 
7, for the FDMA/TDD modes. Figure 1 IB is also a spectral analysis of a transmission signal at the 
output : of the devices of Figure 7 for the TDD ; portion of me CDMA and TDMA modes. From 
Fourier transform we get AF^^l/To, and since T D =T P for the CDMA/TDD and TDMA/TDD 



.odes as shown in Figurc 8A> ^ since ^ m descrjbed ^ reference 

« foHcws that AF Dup)ex =AF. Hence in the CDMA/TDD and TDMA/TDD modes Tspecin 
comcide and them are no intermodular™ products so ,h* ,h • r • " 
^bed^referenoetoF,^,,^^ 0^n^ " ,0 - 

Preferably, as described * reference ,„ Figure SA above, the code should be chosen ,„ have 
an even number of chips e.g. 128 where 64 chips are used by the master and 64 by the J £ 
~ „ both ma^er and slave are idenuca, as shown in Figure 1 IB/second ^ ^ 

*. s,ave, then the spectrum of the master which is shown in Figure 1 IB/first graph is different £ 
•he spectrum of the slave which is shown in Figure , , B /third graph. 

Figure ,2 shows an interred spec*™ situation appiicab.e to the CDMA modes. When 
- **anone ^"^-^ ^--vicini^, and to process gain O^of^e sys.ru is 
no, h,gh enough * overcome the -Near-Far- problem as known in the DSSS art, then AF shouid be 
chosen to be a multiple of the Nyouis, frequency p,us some guard band In Figure 12 AF~27KHz 
From this it follows that more than one group in Ms case 3 sm,™ 

vVinit^ n.- ■ j ■ r PS ' ^ "I^rale in the same 

7 S ' mPly ^ ^ **' F » ° f — Sroup up by 9KHz 

and sfcfttng the carrier fluency F 0 of the third group up by 18KHz. This way several can 
opera, w,^ ^ _ ^ ^ ^ ^ ^ ^ 

group .denttfes me presence of ornery and adjusts its carrier frequency F 0 according 

I, *an be shown ma, AF=C R /C P where C P is the lengm of the pseudo-random-se^uence code 
whrch rndtca^ that AF can be increased by either increasing C K or decreasing C, In th e firs, 
emboormen, the condor, distance ^ described ^ ^ 

Therefore there is a .imi, to the extent of which C R can be increased without impairing severe.y me 
co^on dtstance and hence me operating range of me syslem. * mis case i, is preferred to L a 
shorter code C, me second embodiment mere is no cordon distance, hence one can use a 
relattvely large code C P and increase the chip r«e C R in order to get Urge AF, which in turn enab,es 
to operate in an interlaced-spectrum mode and avoid the -Near-Far- problem. 
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Figure 13A shows a model of a group consisting of a master and 'N' slaves for the CDMA 
and TDMA modes of the first embodiment of the invention. This model is used to analyze and to 
optimize the performance of the system. The slave microphone 80 receives the voice and the noise 
inputs of its user, which are controlled in amplitude by the slave microphone AGC 82 in 
conventional fashion. It is then transmitted as a spread spectrum signal via the slave transmitter 84. 
The channel 85 acts as an adder and the signals of all of the slaves are simply added together by the 
adder 83, making it impossible for the master to correlate. The noise output of all the slaves are also 
added by the adder 81. - 

It should be noted that the channel 85 is not a regular channel, it operates differently on the 
signal and on the noise. In addition to the regular signal losses of FSPL (Free Space Path Loss) and 
fades, there is also a signal loss due to the fact that the master is not correlated with the slave and 
the amount of decorrelation is a function of the distance between the master and slave as 
described with reference to Figure 9A above. On the other hand, since the noise is modeled as 
AWGN (Additive White Gaussian Noise), there are no correlation effects on the noise as shown in 
Figure 13A. 



It should also be noted that the noise is given a special consideration in this model, since the 
model deals with group simultaneous communication and hence the minimum S/N (Signal to 
Noise) at which the system can operate depends on the distance as well as the number of slaves, 
whereas in a regular communication system, the S/N depends only on the distance. This is due to 
the fact that each slave adds noise to the system. 

The master receiver 86 receives the signal plus noise and does not need to correlate, as 
described above. The noise from the slaves is added at the input of the master to the master input 
thermal noise by adder 89. The signal plus noise are passed to the earpiece or speaker 88 of the 
master. Any speech plus noise added by the user of the master is received by the master microphone 
90 and added to the received signal plus noise from the master receiver 86 by the master audio 
combiner 92. For the purpose of master self-hearing, the speech plus noise coming from the master 
microphone 90 are sampled and fed back to the master speaker 88 through the audio 
splitter/combiner 91. The combined signal and combined noise are amplitude controlled by the 
master microphone AGC 94 and then are broadcast to each of the slaves via the master transmitter 
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96. Since the slaves correlate to the master, the channel from master to slave is a regular 
communication channel 87 as seen in Figure 13 A. 

The signal plus noise are received by the slave receiver 98. The noise from the master is 
added at the input of the slave to the slave input thermal noise by adder 89. The signal plus noise 
are then passed to the slave earpiece or speaker 100. It will be noted that there is no direct 
connection between the slave earpiece 100 and the slave microphone 80. The reason for this, as 
explained above, is to allow the user a means of judging how well he can be heard by the rest of the 
group, and to allow the users to know how near or far others are from the master, that is to say it is 
a means of giving the group an intuitive feel. 

Figure 13B shows a model of a group consisting of a master and 'N' slaves for the FDMA 
modes of the first embodiment, and for the CDMA modes of the second embodiment of the 
invention. Figure 13B is a regular channel version of the model of Figure 13A. Parts that are the 
same as those shown in Figure 13A are given identical reference numerals. These modes are 
characterized by the fact that the master is correlated to the slaves, hence both channels i.e. slave to 
master channel and master to slave channel behave as a regular communication channel 87. 

Figure 14 illustrates how an intuitive group of this nature may work. A master 110 defines the 
center of a group. A first slave 1 12 is situated at a first radius 'a' from the master 1 10. Within this 
radius 'a' the slave 112 is able to hear itself, although the volume recedes as the distance increases. 
The user is able to compensate by speaking louder, but nevertheless becomes aware that he is 
reaching the limits of the self hearing radius 'a'. The circle zone which is defined by radius 'a' is 
called the S-H-I (Slave Hear Itself) zone. A second slave 114 is located at a radius 'b' from the 
master. The slave 114 can be heard by the network and the slave 114 can hear the network, 
although the sound fades as the radius 'b' is approached. However at this radius the slave 114 is 
unable to hear itself. The ring zone which is defined between radius 'a' and radius 'b' is called the 
M-H-S (Master Hear Slave) zone. 

A third slave 1 16 is located at a radius 'c' from the master 1 10. At this distance the slave 1 16 
is able to hear the master 1 10 and synchronize thereto, however the slave 1 16 cannot be heard by 
^ 5 ffe< ^ VeIy ' at ^ of range slave 116 operates in a passive mode, providing s : . 



only a monitoring function. The ring zone which is defined between radius 'b' and radius 'c' is 
called the S-H-M (Slave Hear Master) zone. Beyond radius £ c\ no communication is possible. 

It should be noted that Figure 14 differs from a regular communication system at which only 
radius 'c' exists. The relationships among the radii V, 'b* and 'c* are determined by calculations 
based on the models of Figures 13 A and 13B above, and are dependent also on the number of 
slaves, as described with reference to Figure 13A above. 

A radio intercom system of this type has many uses. Because no large unwieldy base station 
is involved the system is entirely portable. As only a single channel is used the system is a lot 
cheaper than conventional radio intercom. Thus applications for which radio intercom was 
previously felt to be prohibitively expensive may now be contemplated. It can for example be used 
to maintain contact between teams of sportsmen in the field, or between mobile office staff or 
teams of engineers. It is particularly useful for looking after children. The responsible adult can 
have his communication device permanently set as master and will be made aware when any of his 
charges are wandering too far away. 

Certain applications warrant particular adaptations of the way the communication device 
itself is made. For example cyclists or skiers will want a hands-free version preferably built into 
their helmets. This would also be suitable for teams of engineers. For use with children a format 
resembling a necklace may be more appropriate, as here too a hands-free version is useful but of 
course no helmet is being worn. 

It is appreciated that the various features of the invention which are, for clarity, described in 
the contexts of separate embodiments may also be provided in combination in a single embodiment 
Conversely, various features of the invention which are, for brevity, described in the context of a 
single embodiment may also be provided separately or in any suitable subcombination. 



Claims 

1. A method of simultaneously recovering . pUlrality of doub , e ^ ^ 

mutually synchronized, comprising the steps of 

receiving said p,urali,y „f doubIe sideband radjo signa|s ^ ^ ^ ^ 

demodulating said plurality of doub.e sideband radio signals tha, are no, mutuaUy synchronized 
using the output of a phase shifting device. 

2. A method according ,o claim , in which said output of said phase shifting ^ 
predefined to have an average .evel which cancels an effect of a cosine term in said 
demodulated signal to render said plurality of received signals audible. 

3. A meutod according to Cairn , or claim 2 wherein said phase shifting device produces an output 
whrch ,s proportion, to . received input ^ whercm ^ ^ ^ ^ ^ ^ 

which has a constant average level. 

4. A method according to any one of claims , ,„ 3 wherein said signals are amp.itude modulated 

signals. 

5. A method of simultaneously recovering a pmrality of single sideband radio signals that a* not 
mutually synchronized, comprising the steps of 

receiving said plurality of smgle sideband radio signals that are no. mutually synchronized, and 
demodulating said plurality of single sideband radio signals that are no, mutually synchronized. 

6. A method according to any one of claims 1 to 5 wherein said radio signals are code division 

multiple access radio signals. 

7. A meflw. according to any one of claims 1 to 6 wherein said radio signals are time division 

multiple access radio signals. 

8. A method according to any one of claims 1 to 7 wherein said radio signals are frequency 
division multiple access radio signals. 
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9. A method of sending an electronic signal from a first point to a second point remote from said 
first point and providing an indication to said first point regarding receipt of said signal at said 
second point, comprising the steps of relaying said electronic signal back from said second point to 
said first point and monitoring the level of said relayed signal at said first point. 

10. A method according to claim 9 wherein said first point has a sound input site and a sound 
output site, wherein sound is converted into said electronic signal after passing through said sound 
input site, wherein said relayed signal is monitored by converting said relayed signal into sound at 
said sound output site and listening to said sound output site. 

11. A method according to claim 10 wherein said electronic signal is passed to said sound output 
site only after being relayed from said second point. 

12. A method according to any one of claims 9 to 1 1 wherein the level of the sound output from 
said sound output site is allowed to vary with said level of said relayed signal so as to reflect said 
average level of said signal. 

13. A method according to any one of claims 10 to 12 wherein said second point has a sound output 
site to which said electronic signal is directed to for conversion into sound and wherein said level of 
said sound at said sound output site of said second point, resulting from said conversion, is allowed 
to vary with said level of said electronic signal so as to reflect said average level of said signal. 

14. A method according to any one of claims 10 to 12 wherein said electronic signal is passed from 
said second point to at least one other point, wherein said at least one other point has a sound output 
site, wherein sound is output at said sound output site in response to said electronic signal and 
wherein said level of said sound output at said sound output site is allowed to vary with said level 
of said electronic signal so as to reflect said average level of said signal. 

15. A method according to any one of claims 9 to 14, wherein said sound output by said first point 
is permitted to vary in strength according to the strength of a respective received signal. 



16. Apparatus for simultaneous* recovering a plurality of doub.e sideband radio signals that are 
no, mutuaUy synchronized, comprising a demodulation device, the respective inputs of which are 
connected to a phase shifter device and to said radio signals. 

17. Apparatus according to Cairn ,6 wherein said phase shifter has an input connection, is adapted 
to produce a phase shift in accordance with a !eve, of a signal received a, said i„ pu , connection and 
whereu, said input connection is contacted ,„ a device adapted to produce a s igMl having a 

constant average level. ~ 

18. An apparatus according ,„ claim 16 or claim 11 whereto said input of said phase shifter is 
connected to said output of a pseudo random generator. 

19. A method of providing wireless communication between a plurality of communicanon devices 
fomung a group, such ma, each device receives Emissions from each «her device in said group 
comprising the steps of 

selecting one of said devices as a master, 

transmitting from said master to each other device using a preselected channel, 
synchronizing each other device to said master, 

transmitting from each other device to said master using said preselected channel, 
combining said signals from each other device at said master, and 

transmitting said combined signals as a single signal from said master to said each other device 
to be received at each other device. 

20. A method according to claim 19 wherein transmission between said master and said other 
devices is earned out using time division duplex. 

21. A method according to claim 19 or claim 20 wherein transmission between said master and said 
other devices is carried out using frequency division duplex. 

22. A method according to any one of claims 19 to 21 wherein transmission between said master 
and said other devices is carried out using code division multiple access. 



23. A method according to any one of claims 19 to 22 wherein transmission between said master 
and said other devices is carried out using time division multiple access. 



24. A method according to any one of claims 19 to 23 wherein transmission between said master 
and said other devices is carried out using frequency division multiple access. 

25. A method according to any one of claims 19 to 24, wherein said signals from said other devices 
are not mutually synchronized and wherein, upon receipt at said master, they are demodulated using 
a pseudo-random shifted local oscillator. 

26. A method according to any one of claims 19 to 25 wherein failure of said master is followed by 
selection of another one of said communication devices to serve as master. 

27. A method according to any one of claims 19 to 26, wherein at least one of said other devices 
has a sound input site and a sound output site, wherein sound is converted into an electronic signal 
after passing through said sound input site, wherein said electronic signal is transmitted to said 
master, wherein said signal received from said master includes said electronic signal sent to said 
master, and wherein said received signal is converted into sound at said sound output site. 

28. A method according to any one of claims 19 to 27, wherein a tone is added to signals 
transmitted by said master and wherein said tone is used by at least one of said other devices to 
correlate with said master. 

29. A method according to claim 28 wherein said signals transmitted with said tone are shaped 
using a Gaussian curve. 

30. A method according to any one of claims 19 to 29, comprising the step of shifting a base 
frequency used for transmission upon detection by said master of other groups operating in the 
vicinity. 

31. A communication device for use in the method of any one of claims 19 to 30, comprising 
circuitry for operation as one of said other devices and comprising additional circuitry for operation 
as said master," and further comprising a switching circ^ 



32. A communicanon device according to claim 31 wherein said switching circuit is manually 

operable. 

33. A communication device according to claim 31 or claim 32 wherein said switching circuit is 
electronically operable. 

34. A communication device according to claim 33 wherein said switching circuit is operable in 
response to a polling operation carried out between all said communication devices in said group. 

35. A method according to any one of claims 19 to 34 wherein said signals received at said master 
are of variable strength, and are adjusted gainwise in accordance with said strength of a weakest 
signal. 

36. A method according to any one of claims 19 to 29 and 35, wherein said sounds output by said 
communication devices are permitted to vary in strength according to the strength of a respective 

received signal. 

37. A method according to claim 19 wherein a tone is added to signals transmitted by said master 
and wherein said tone is used by at least one of said other devices to correlate with said master 
wherein a second tone is added by said one of said other devices to a signal sent to said master' 
wherein said signal is echoed back by said master to said one of said other devices, wherein said 
signal sent to said master is used by said one of said other devices to measure a delay time involved 
in transmitting to said master by auto-correlating said second tone, and wherein said measured 
delay time is used to time transmissions from said one of said other devices so as to compensate for 
said delay time. 

38. A communication device adapted for use in the method of any one of claims 19 to 37. 

39. At least three transmitter-receiver radio devices, wherein one of said devices is designated as 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to recei ve from said master over a second channel of said dual channel link, 
and wherein all 6f said devices are adapted to use said dual channel link " ''"V 



40. At least two transmitter-receiver radio devices, wherein one of said devices is designated as 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to receive from said master over a second channel of said dual channel link, 
wherein each other of said devices has a microphone for sound input and a sound output device, 
wherein no operable connection is provided between said microphone and said sound output device 
of each other of said devices, and wherein operable connection is provided between said 
microphone and said sound output device of said master. 

41. At least two transmitter-receiver radio devices, wherein one of said devices is designated as 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to receive from said master over a second channel of said dual channel link, 
wherein each device has a sound output unit, and wherein the volume of a sound output by said 
sound output unit is related to the strength of a received signal. 

42. At least three transmitter-receiver radio devices, wherein one of said devices is designated as 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to receive from said master over a second channel of said dual channel link, 
wherein said master comprises a tone production device, and an adder connected to said tone 
production device, adapted to add a tone from said tone production device to any transmitted signal, 
and wherein at least one other of said devices is adapted to use said tone to correlate to said master. 

43. At least three transmitter-receiver radio devices, wherein one of said devices is designated as 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to receive from said master over a second channel of said dual channel link, 
wherein at least one other of said devices comprises a tone production device, and an adder 
connected to said tone production device, adapted to add a tone from said tone production device to 
any transmitted signal, wherein said other device comprises a measuring unit for measuring a 
distance related delay in said transmission from a received tone received in said second channel by 
calculating an autocorrelation coefficient between said tone as transmitted and said tone as 
received, and a calculating unit for calculating a transmission time offset correction from said 
calculated autocorrelation coefficient, and wherein said at least one other device has an offset unit 
for re-timing transmissions in accordance with said transmission time offset correction^ r ' r ^ S - 
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44. At least three transmitter-receiver radio devices, wherein one of said devices is designated 
master, wherein each other of said devices is adapted to transmit to said master over one channel of 
a dual channel link and to receive from said master over a second channel of said dual channel link, 
and wherein said master comprises a demodulating unit and a phase shifting unit. 

45 A system of transmitter-receiver radio devices according to any one of claims 39 to 44 adapted 
to operate using code division multiple access. 

46 A system of transmitter-receiver radio devices according to any one of claims 39 to 45 adapted 
to operate using time division multiple access. 

47 A system of transmitter-receiver radio devices according to any one of claims 39 to 46 adapted 
to operate using frequency division multiple access. 

48 A system of transmitter-receiver radio devices according to any one of claims 39 to 47 wherein 
said dual channel link is time division duplex. 

49 A system of transmitter-receiver radio devices according to any one of claims 39 to 48 wherein 
said dual channel link is frequency division duplex. 

50. A radio communication device substantially as hereinbefore described with reference to the 
accompanying drawings. 

51. A method of providing wireless communication between a plurality of communication devices 
forming a group, such that each device receives transmissions from each other device in the group, 
substantially as hereinbefore described with reference to the accompanying drawings. 

For the Applicant, 
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